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Abstract
This work explores the signal design schemes that can be applied to a beacon-based indoor lo-
calization system. The localization system relies on measurements from Inertial Measurement
Unit (IMU) on mobile phones to estimate users’ location. However, the noisy sensor data leads
to accumulating error between actual and estimated positions. To reduce the localization error,
re-calibration technique is required to bring the estimated position back to known landmarks. Re-
garding the re-calibration technique, our group identifies the opportunity of using acoustic signals
generated by beacons attached to the power outlets to provide landmark information. The signal is
inaudible to people, but it can be detected by users’ mobile phones. In this work, two signal design
schemes: Dual-Tone Multi-Frequency Signaling (DTMF) [1] and Modified Chirp Spread Spectrum
(MCSS) are proposed and examined. The better scheme, MCSS, is tested along with the position
estimation algorithm and has demonstrated effectiveness.
Subject Keywords: Indoor Localization, Signal Processing, Mobile Computing
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With the increasing popularity of smartphones and mobile applications, the demand for more
personal service has arisen in recent years. Location-Based-Service (LBS), which aims to provide
customized and convenient service according to users’ location, is urgently desired in market places.
For example, advertisements can be customized for users according to their proximity or location in
the mall; corresponding commentaries will be sent to museum visitors according to their positions
in the exhibition. Traditional indoor localization systems [2, 3] either use pre-collected data to
do fingerprinting, or extract information from wireless channels to infer positions [4, 5]. However,
the fingerprinting technique is proven to be vulnerable to environmental changes. Further, the
techniques based on wireless channels usually suffer from multipath effect.
Recent works have proposed a third paradigm in using the IMU sensors in mobile phones to track
the motion direction and speed of user to enable estimation of the location, which is called dead-
reckoning [6]. Specifically, the IMU sensors in mobile phones provide linear acceleration, rotational
speed and magnetic field data at each sample time. When a user is walking, with a mobile phone
in hand or in pocket, the accelerometer data exhibits a periodic pattern, shown in figure 1, from
which the steps of the user can be detected. Together with the direction information from gyroscope
and step length, the motion information can be extracted. If the initial position is also given, the
dead-reckoning algorithm can estimate the user’s following trajectory. The major problem of the
dead-reckoning paradigm is that the IMU sensor data is noisy, which leads to the accumulation of
estimation error. In other words, the estimated trajectory drifts from the actual trajectory after
some time. To solve this problem, a re-calibration mechanism is needed.
Figure 1: Periodic pattern of magnitude of acceleration [7]
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Recalibration mechanism takes the drifted route back to the actual route by providing information
about certain landmarks, whose locations are known in advance. Previous work [7] adopts an
unsupervised learning algorithm, which identifies the patterns of sensors data at particular locations
in the building to establish landmarks. However, this approach requires some time of training before
functioning effectively. Other ways of setting landmarks involve deploying additional hardware in
the environment [8, 9], and using floor plan information [10].
Figure 2: The main idea underlying Backdoor[11]
A recent study [11, 12] has identified the possibility of enabling acoustic (but inaudible) com-
munication between hardware devices, by leveraging the non-linearity in microphone hardware.
In the daily usage of microphone, people leverage the linearity of power amplifier to ensure the
signals do not get distorted. The linearity of amplifier only covers the audible band: 20Hz ∼
20kHz, out of which the amplification of signal becomes non-linear. Normally, to avoid aliasing
and non-linear distortion, microphones are also equipped with low-pass filters, which filter out the
signals in ultrasonic band (≥ 24kHz). In contrast, Backdoor [11] identifies that the non-linearities
of the diaphragm and power amplifier enable us to design the ultrasonic signals in a particular
manner to create a ”shadow” in audible bands. Note this newly created signal only exists after the
analog signal passes through the amplifier; therefore, no audible sound would be introduced to the
environment. Figure 2 illustrates the underlying principle of Backdoor [11].
Specifically, the math underlying Backdoor [11] works as shown below:
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Suppose the input signal to an amplifier is S, the output signal of the amplifier in linear region
is
Sout = A1S,
where A1 is a complex gain.





i = A1S +A2S
2 +A3S
3 + ...
In practice, the third and higher-order gains are extremely weak and can be ignored.
Suppose two ultrasonic tones: S1 = sin(ω1t), S2 = sin(ω2t), ω1 6= ω2 are received by the micro-
phone.
Sout = A1(S1 + S2) +A2(S1 + S2)
2
= A1[sin(ω1t) + sin(ω2t)] +A2[sin(ω1t)
2 + sin(ω2t)
2 + sin(ω1t)sin(ω2t)]
Note that the second-order terms are the multiplications of signals at different frequencies, which
results in various frequency components: 2ω1, 2ω2, ω1−ω2, ω1 +ω2 among which, only ω1−ω2 can









+ cos((ω1 − ω2)t)− cos((ω1 + ω2)t)
In this project, we leverage this Backdoor [11] property to set up ultrasonic beacons as landmarks
for localization recalibration. Figure 3 demonstrates the deployment of beacons. The beacons are
designed to be plugged into the power outlets on the wall, so they can work with constant power
supply. When a user, with a mobile phone in hand or pocket, is walking in the building, the micro-
phone of his/her mobile phone is always on to enable detection of a identification signal transmitted
by the beacon. At the same time, the dead-reckoning algorithm keeps running on the mobile phone
to estimate the route. The positions of beacons are preloaded with a map. Once the signal from
one of the beacons is detected, the route is recalibrated to the position of that particular beacon.
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Figure 3: Deployment of beacons
The advantages of our scheme over other existing localization systems are summarized as follows:
1. No training phase required before the system works effectively.
2. No sound pollution introduced to the environment.
3. High localization accuracy, as ultrasonic signals can hardly penetrate through walls.
This work mainly focuses on the signal design aspect for such a localization system. The chal-
lenges are identified as follows:
1. Background noise in the environment can greatly lower the Signal-to-Noise Ratio (SNR),
which makes the detection and decode of the beacon signals difficult.
2. The user is constantly moving, which causes the particularly short signal receiving window.
It is hard to detect and decode correctly, as there is no way to do retransmission.
Two signal design schemes are proposed and examined in this work. One adapts Dual-Tone
Multi-Frequency (DTMF) [1] technique, which is originally designed for dialing telephone. The
other gains insights from traditional radar techniques and Chirp Spread Spectrum (CSS) [13]. The
5
second scheme is examined to be better as it is more robust against noise and covers a wider





Starting with the surge of wireless network, indoor localization has been attractive to more and
more scholars and institutes for its great potential in providing indoor location-based services. A
great variety of localization techniques have been proposed and developed. Fingerprinting repre-
sents a famous category of localization schemes [3] that compare the indicators, such as RSSI, CSI,
etc., measured in the offline phase with the online measurements to identify the closest estimation
of users’ locations. While these schemes are relatively easy to use, they are typically not practical
in the real world in that fingerprints are susceptible to variation in the environment. Other schemes
that utilizes the properties of the wireless channel, such as Time of Flight (ToF) [4, 5, 14, 15], Time
Difference of Arrival (TDoA) [16, 17] and Angle of Arrival (AoA) [18, 19] etc. have also shown
their effectiveness. However, these schemes either require strict time synchronization (ToF, TDoA),
which is also not easy in practice, or operates with complex hardware and algorithms (AoA). The
third class of localization schemes utilizes the IMU sensors in mobile phones to estimate the motion
of users, which is called dead-reckoning. Given the initial location of the users, we can extrapolate,
from the IMU sensors’ data, the moving direction and speed of the user in order to estimate the
position at any time. A few past works [7, 6] have demonstrated the effectiveness of this scheme.
However, the drawback is that the IMU sensor data is noisy and the localization error accumulates
over time. To deal with this trouble, one intuitive solution lies in setting landmarks to recalibrate
the user’s position. For example, UnLoc [7] proposed an unsupervised way of setting landmarks,
by aggregating the similar behaviors of users at certain locations. Other works used either wireless
anchor points [9, 8] or floor map [10] to recalibrate the localization error.
2.2 Acoustic Indoor Localization
Localization systems mostly use wireless technologies based on electromagnetic signals; however,
some recent works [5, 20] also utilize the acoustic signals, leveraging the microphone embedded in
almost all smartphones nowadays. One recent work, Guoguo [5], deploys customized hardware in
the environment. Timestamps are modulated in the acoustic signals for ToF estimation. The past
works typically use the near-ultrasonic band (≤ 20KHz), concerning the sampling rate and anti-
aliasing filter in smartphones. In order to restrict the sound pollution, i.e. keep the sound inaudible
7
to human-beings, the transmission power is usually low. As a result, these schemes usually suffer
from background noise in the environment.
Other works [4, 15] also proposed ultrasound as a surrogate, in dealing with the power restriction.
Ultrasonic signals attenuate quickly in the air and can hardly penetrate walls. From an optimistic
perspective, this is good for reducing localization error, as the estimation would never be on the
other side of a wall. On the other hand, receivers may not be able to detect the signals due to
the attenuation. One typical work of this category, cricket [4], relies on ToF measurement of the
ultrasound signal. However, as stated before, ToF schemes requires strict time synchronization.
Therefore, RF components are also integrated in the hardware for synchronization. Similar to the
acoustic systems, the ultrasonic schemes also suffer from constant source of noise.
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3 Problem Formulation
The goal of this work is essentially designing the signal to be transmitted by the beacon, so that
it can be detected and decoded to get landmark information. The Backdoor [11] property enables
the ultrasonic signal to be preserved and decoded in audible bands for mobile phones. With that,
beacon information ideally can be encoded with any well-developed wireless modulation scheme.
Unfortunately, the background noise places a stringent challenge which prevents us from using
conventional schemes. Since we are using acoustic signal and trying to decode the signal in audible
bands, the noise in the environment, such as people talking, vibration and friction among objects,
will definitely affect the decode-ability of the signal. Moreover, our system works in a dynamic
environment. In other words, since we assume the users are constantly moving, the detection and
decode process must happen within a relatively short time window, i.e., the moment the user walks
through the narrow beam created by the speaker array on the beacon. The above challenges require
the design of a new signaling scheme, that is
1. Robust to environmental noise.
2. Decodeable within a short time window.
Despite the challenges mentioned above, there are still opportunities. Unlike conventional wireless
communication systems, we do not need to transmit a lot of bits through the channel. Ideally, only
one bit is enough to distinguish the adjacent beacons and identify the moving direction. To ensure
robustness and deal with possible intersectings of paths, the scheme should be able to encode at
least three bits of information.
Consider the case shown in figure 4: the user comes from the upper branch and detects beacon
1 at the corner. For the landmark to work, any two adjacent detected beacons should not be the
same, otherwise the user is inferred to be not moving. At the intersection, the user has two options:
either go to a different branch, or return back to the current branch. If he/she returns, there must
be a beacon, in this case 0, to tell the mobile phone that the user is turning back. If he/she goes to
a different branch, it should meet beacon IDs different from the current branch, in this case 2,5,6.
To conclude, at least eight different beacon IDs are needed to resolve the ambiguity. Thus, at least
three bits of information must be transmitted.
Following the aforementioned design requirements, two signal design schemes are formulated.
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Figure 4: Design requirement illustration
3.1 Dual-Tone Multi-Frequency (DTMF)
Dual-tone multi-frequency signaling is a signaling scheme developed for conventional telecommu-
nication systems. It uses the voice-frequency band over telephone lines for dialing purposes. The
modern Touch-Tone system using a keypad is based on this signaling scheme.
The conventional DTMF scheme uses the frequency-to-symbol map shown in table 1. Two sets
Table 1: DTMF signaling map
1209Hz 1336Hz 1477Hz 1633Hz
697Hz 1 2 3 A
770Hz 4 5 6 B
852Hz 7 8 9 C
941Hz ∗ 0 # D
of frequencies are used to encode the symbol. Each symbol is encoded by a pair of frequency. To
transmit a symbol, two tones at corresponding frequencies are generated and added together. The
signal consisting of two single frequencies is then transmitted to the receiver. To decode the signal,
the receiver performs Fourier Transform to obtain the power spectrum. The two frequencies (one
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from each set) with maximum power are then selected from the power spectrum. The symbol can
be determined by looking up at the table.
This signaling scheme is promising for our application for the following reasons:
1. It works in the voice-frequency band, which means it is robust against background noise.
2. Relatively short time is required to accumulate enough energy to decode.
3. Sixteen different symbols are encoded using eight frequencies adopted in original technology,
which is already enough for our purpose. It is also easy to extend to more symbols by using
more frequencies.
4. Using mere tones for signaling reduces the difficulty for hardware design.
To adapt the original DTMF scheme for our purpose, the following modifications are made:
1. Set a constant reference tone, 40kHz, to convert the other signaling tones to audible bands,
using Backdoor [11] property.
2. For each beacon symbol, generate the corresponding DTMF signal using the method stated
before and add up with the reference tone, which produces the signal to transmit.
3. The beacon can transmit this signal constantly, as there is no frequency variation. No matter
when users pass through the beam-covered area, the microphone will hear exactly the same
sound.
4. As the Backdoor [11] automatically converts the signals to audible bands, the unmodified
DTMF decoding algorithm can directly run on the receiver side.
Note that the original DTMF decoding algorithm set a threshold at the power spectrum. Only
when the power at the corresponding frequency exceeds the threshold, can the signal be considered
as exist. For our application, this threshold should be reconsidered through measurements from
experiments.
Several potential drawbacks of using the DTMF signaling scheme are listed below:
• It is easy to have false positive in decoding results. Background noise, which is considered
random, may exceed the threshold at certain frequencies while there is no beacon around.
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While setting a high threshold can alleviate the problem, that is risky as it may reduce the
true positive rate.
• The reflection and diffusion (multipath effect) of signal energy may make the detection happen
outside the beam-covered area, which is undesired.
• The scheme using tones is vulnerable to interference. The assumption that users are con-
stantly moving is expected to alleviate this problem.
3.2 Modified Chirp Spread Spectrum (MCSS)
The second scheme borrows insights from traditional radar detection technique [21] and Chirp
Spread Spectrum (CSS) [13] modulation scheme. For the sake of simplicity, this scheme is called
MCSS for short. The conventional CSS modulation is adopted by Long Range (LoRa) low-power
wide-area network [22], to provide low-rate data transmission.
The main idea of CSS lies in using linear chirp to encode bits. LoRa uses merely up-chirp with
a certain amount of phase shift to encode information. The receiver decodes the signal by counter-
acting the phase shift for each chirp symbol.
CSS is attractive to our application for the following benefits:
1. It is designed to be robust to noise using the entire bandwidth to broadcast a signal.
2. It is resistant to multi-path fading with high bandwidth and relatively long symbol time.
However, the original CSS scheme is designed for static situations, where the positions of trans-
mitter and receiver are invariant during the communication. In contrast, our application assumes
the user device, i.e. the receiver, is constantly moving. It is only a short time window, in which
the user passes through the beam-covered area, the communication happens.
The aforementioned requirements call for a signal detection scheme, for which traditional radar
techniques are referred. Traditional radar also uses linear chirp to detect objects: a linear chirp
signal is broadcast by the antenna. The signal hits an object and gets reflected back. The radar
system then correlations the transmitted signal and received signal to determine the time differ-
ence, from which the distance between the radar antenna and object is estimated. Chirp is adopted
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in this case due to its nice property called pulse compression, which significantly enhances the SNR.
Figure 5: Pulse Compression
Pulse compression essentially says that the autocorrelation of a chirp signal has a nice pulse-like
shape, shown in figure 5. The peak of the pulse indicates a complete overlap of the signal with
itself. Thus, to detect the existence of a chirp signal, we only need to do correlation with itself
and look for the peak. Peak-to-Average Ratio (PAR) is normally the metric used for threshold.
Specifically, if the peak amplitude exceeds a certain threshold, we claim the signal exists.
The math underlying pulse compression [21] is formulated below:
Consider a linear chirp of duration T , begins at t = −T2 , and linearly sweeps the frequency band







≤ t < T
2
The autocorrelation is defined as




By calculation, the autocorrelation of the chirp is












The sinc function is known as a pulse-like function. That is the reason the autocorrelation plot
has high PAR. Note that the signal duration and bandwidth are two critical knobs that affect the
PAR. Also, the correlation of a chirp signal with random noise is relatively low, which makes this
scheme robust to noise.
To adapt CSS and pulse compression for our purpose, the Modified Chirp Spread Spectrum
(MCSS) scheme is designed as follows:
1. On the transmitter signal, a chirp signal and a reference tone are generated and added up
together to form the transmit signal.
2. Different symbols are encoded by different frequencies, on which the chirp spreads. Up-chirp
and down-chirp are both used to extend the symbol set.
3. On the receiver side, the Backdoor [11] property creates the chirp shadow in audible bands.
By doing correlation between the received signal and known chirp signal at each band, the
existence of the signal can be detected by thresholding PAR.
4. Different symbol bands are compared and the band with greatest PAR value is decoded as
the beacon ID.
Figure 6: Possible received signal in a window (left) and its autocorrelation (right)
The parameters such as bandwidth, duration, PAR threshold, etc. are measured and optimized
through experiments.
One problem remains with this scheme using chirp signaling. Consider the user walks pass
through the beam-covered area. It is non-deterministic whether the chirp starts, or already plays
for a while, the moment the user steps in. In other words, from the user’s perspective, the chirp
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observed from the time window might not be a complete one, as shown in figure 6.
In this case, the PAR is significantly reduced, because part of chirp energy is considered to be
noise. To fix this problem, it is identified that the two peaks of correlation plot always appear on
the two sides of middle index, one on each side. So we search for the peaks separately on each
side and add them together to obtain the total correlation value. Then, the rest of the energy are
considered as noise and will be divided to obtain the PAR.
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4 Experiments
The experiment was conducted with a prototyped beacon device and a mobile phone. The block
diagram and real-world setting of experiments are shown in figure 7 and figure 8. The DAC sound
card is connected to a Personal Computer (PC), which generates the digital signal and sends it
to the power amplifier. The power amplifier amplifies the signal for broadcasting. Finally, the
signal is transmitted through an ultrasonic speaker array. The above devices makes up the beacon
hardware, which is going to be integrated on a PCB board in future. After the acoustic signal gets
transmitted, an off-the-shelf microphone is put at a certain distance away from the speaker array
to measure the received signal. The signal measured by the microphone is streamed through wire
to another PC for analysis. For experiments in the dynamic setting, a mobile phone is used as
an surrogate to the microphone and data streaming is completed by the Wo Mic [23] app through
direct WiFi connection.
Figure 7: Hareware block diagram
Figure 8: Experiment Setting
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4.1 Parameters for Transmitter
The parameters for transmitter include the transmitting power, frequency band, signal duration,
etc. Backdoor [11] signals consist of reference frequency and symbol signals. The reference fre-
quency is fixed to 40kHz to fulfill the Nyquist criterion as the cutoff frequency for the Low-Pass
Filter (LPF) in the amplifier is 96kHz. The symbol signals adopt frequency bands between 24kHz
and 40kHz. The soundcard is set to 96kHz of sampling rate to avoid aliasing. The microphone
is sampling at 48kHz, which is the upper bound of sample rate for most of the mobile devices.
Chirp signals are adopted in this experiment as bandwidth is one of the parameters to tune. Cross-
correlation between the transmitted signal and received signal is used as the evaluation metric.
In the experiment, I started with a large ultrasound signal space and narrowed the scope step
by step by eliminating suboptimal signals. The initial space includes:
• Starting frequency ∈ {25, 26, 27, ..., 38, 39, 40} kHz
• Bandwidth ∈ {0, 1, ...,m} kHz, where m is the maximum value, such that the sum of start
frequency and bandwidth is below 40kHz
• Duration ∈ {0.1, 0.2, 0.4, 0.5, 0.6, 0.8, 1.0} second
4.1.1 Starting Frequency and Bandwidth
To determine the optimal starting frequency and bandwidth, the power of transmission and duration
of signals is fixed. The distance between the speaker and microphone is also fixed to be 80cm. A
linear chirp, with certain starting frequency and bandwidth, is sent from the transmit. On the
receiver side, the a linear chirp, with the same starting frequency and bandwidth, is generated and
the cross-correlation between the received signal and linear chirp is performed. Figure 9 shows the
plot of cross-correlation with respect to starting frequency and bandwidth, from which we find that
the cross-correlation increases as starting frequency and bandwidth increases.
The reason for such a variation is explained as follows:
• The non-linearity of the microphone is not prominent for lower frequency bands. For higher
frequencies, the coefficient for the second-order term is greater, which makes the cross-
correlation higher.
17
Figure 9: Study of optimal starting frequency and bandwidth
• The resonant frequency of the piezo-electric material in ultrasonic speakers is around 40kHz,
according to the Backdoor paper[11], which makes the amplification by the speaker itself the
maximum.
• Higher bandwidth enhances the correlation according to the pulse compression formula dis-
cussed before.
Therefore, a higher frequency band (close to 40kHz) is preferred for signal transmission. The
trade-off is that higher starting frequency leads to shorter bandwidth, as the sum of starting
frequency and bandwidth should not exceed 40kHz. Also, note that frequency band of the ”shadow”
created is determined by the difference between the symbol frequency and reference frequency. Since
the acoustic noise in the environment normally concentrates on the lower frequency band (0Hz ∼
1000Hz), we want to avoid creating ”shadow” in this band to enhance SNR.
4.1.2 Aliasing
Since we are using ultrasonic signal, the aliasing effect caused by sampling is not negligible. For
example, if the single frequency of 32kHz is chosen as the symbol frequency and 40kHz is the
reference frequency. The shadow signal created by non-linearity is at 8kHz, whereas the aliasing
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signal created by the 40kHz reference frequency is also at 8kHz. The aliasing may affect the decode-
ability of our signal. To avoid the aliasing effect, one way is to use a Low-Pass Filter (LPF) with
cutoff frequency at 8kHz. Since the aliasing by frequencies lower than 40kHz is always greater than
8kHz and we never transmit frequencies above 40kHz, the LPF can surely filter out the aliasing
signal. To further reduce the effect of environment noise in lower band(0 ∼ 1000Hz), we use a
Band-Pass Filter (BPF) with pass band between 1kHz to 8kHz.
4.1.3 Symbol Duration
Theoretically, longer signal duration provides more samples for cross-correlation, which leads to
greater correlation value and higher SNR. Thus, longer duration is preferred. However, the assump-
tion that the user is constantly moving places a limitation on the symbol time. By measurement,
the time during which users stay in the beam-covered area is less than 0.25s. Thus, the symbol
time is conservatively set to 0.2s.
4.1.4 Transmission Power
Ideally, signals with stronger power propagate farther and can better penetrate through cloth.
However, the “ringing” effect prevents us from unlimitedly increasing the transmit power. In the
discussion before, the non-linearity of microphone is emphasized. However, the air through which
the signal transmits also has this non-linearity, which makes the sound slightly audible if the trans-
mit power is too strong. This phenomenon is called the ”ringing effect”, according to the Backdoor
paper [11]. To avoid this audible sound, an upper bound must be set for the transmit power.
Note that in our setting, two components affect the power of transmission: the amplifier and
soundcard. The amplifier is used for crude adjustment, while the soundcard serves for fine tuning.
By experiments and personal perception, the sound is inaudible when the power of amplifier is
below 8W and the volume of soundcard is below 40.
4.1.5 Effective Range
The beam created by the speaker array is narrow. Figure 10 shows the heatmap plot according to
the cross-correlation measurement at different positions.
By the fixed transmission power mentioned in section 4.1.4, the effective range is about 6ft.
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Figure 10: Beam formed by the speaker array
So far, we have determined all the essential parameters for the transmitter. To sum up, with
the current equipment and setting, the optimal transmission band is 36kHz ∼ 39kHz, and higher
bandwidth is preferred. The symbol duration is set as 0.2s, considering the mobility of the user.
The transmit power is set as 8W for amplifier and 40 for soundcard to avoid ringing effect. The
beacon signal covers a narrow beam area about 6ft long.
4.2 DTMF Signaling Scheme
The most essential parameter to determine for the DTMF scheme is the threshold. High threshold
can effectively eliminate the effect of noise, but may also screen out some actual beacon signals.
On the other hand, a low threshold may cause some noise signals being recognized as the beacon,
which leads to high false positive rate.
To determine the thresholds for different frequencies, a statistical approach is taken.
Specifically, we took a one-minute recording of crowd noise, cut it into pieces of 0.2s long and
collected the statistics (minimum, maximum, mean and standard deviation) of noise power at each
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frequency that DTMF pays attention to. If we assume the noise power at each frequency has a
Gaussian distribution. Setting threshold value as the mean add up with three times of standard
deviation can effectively screen out 99% of noise.
Since human’s voice can possibly reach frequencies band of 1kHz ∼ 2kHz, we conservatively set
the DTMF frequencies to values between 2kHz and 6kHz. The exact table of adapted DTMF
frequency-to-symbol map is shown in Table 2.
Table 2: Adapted DTMF signaling map
4350 Hz 4650 Hz 4950 Hz 5250 Hz
2100 Hz 1 2 3 A
2400 Hz 4 5 6 B
2700 Hz 7 8 9 C
3000 Hz ∗ 0 # D
Signal power at each frequency is also measured at sampled distances. The results of the experi-
ment are shown in figure 11. The red-bold bar is the threshold calculated according to the method
stated before. In this case, only power at all frequencies at 0.28m is greater than the threshold. For
distances greater than 0.84m, no signal power can be detected according to this threshold. Besides,
the maximum noise power is greater than the threshold bar, which implies that noise signals are
still possible to be regarded as beacon signal.
To sum up, the DTMF scheme cannot effectively satisfy the requirements of our project, given
its relatively high false positive rate and low effective range. The reason why this scheme is robust
for dialing keypad is that the distance between the speaker and microphone is very close. However,
for us, the effective distance should be around 6ft.
4.3 MCSS Signaling Scheme
The MCSS signaling scheme uses linear chirp signal, which is the same as discussed in section 4.1.
Therefore, the signal band takes 1kHz to 3kHz. The signal duration is set to less than or equal to
0.2s according to section 4.1. The parameters to decide are the bandwidth of each symbol, as well
as the PAR threshold.
In the discussion before, the cross-correlation is the main metric used to identify the existence of
beacon signal. However, cross-correlation is not a good metric to threshold, as it heavily depends
21
Figure 11: Statistics of DTMF threshold
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on the distance between the transmitter and receiver. To weaken the dependence on distance, the
Peak-to-Average Ratio (PAR) is proposed to be a metric to threshold.








where c is the vector of correlation coefficient, L is the length of c. By experiment, 500Hz of
bandwidth is sufficient to distinguish the signal from noise with a hard threshold of 60. As is
shown in figure 12.
Figure 12: PAR response at different time steps; phone in hand (left) and phone in pocket (right)
The case where the mobile phone is held in hand has 100% of decode rate. In contrast, for the
case where the phone is held in pocket, the success rate is 85%. It is because the vibration and
friction in the pocket reduces SNR. Also, the ultrasonic signal attenuates a lot when penetrating
through the cloth, which also leads to the reduction of success rate. To enhance SNR, a Wavelets
denoising algorithm is applied to the received signal.
Following the parameters determined above, the modulation scheme is designed as shown in
table 3. For example, the up-chirp at 1kHz ∼ 1.5kHz indicates symbol 0; the down-chirp at 1kHz∼
1.5kHz indicates symbol 4.
To demodulate the signal, we calculate a cross-correlation between the ideal chirp signal for each
symbol and the received signal. if only the correlation exceeds the 60 threshold and is the highest
among all the symbols, the signal is regarded as detected and the symbol is taken as the ID of the
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Table 3: MCSS Modulation Scheme
Band 1kHz∼ 1.5kHz 1.5kHz ∼ 2kHz 2kHz ∼ 2.5kHz 2.5kHz ∼ 3kHz
Up 0 1 2 3
Down 4 5 6 7
beacon.
4.4 Integrated Test with Dead-Reckoning
According to the experiments discussed in the sections above, the MCSS signaling scheme is more
robust and capable of covering a larger area. Therefore, this scheme is applied to the whole
localization system. Figures 13, 14 and 15 show the localization test results with MCSS signaling
scheme. Figure 16 shows the ground test environment.
Figure 13: Ground test result: rectangular routes and estimated routes (left); estimation error
(right)
In these experiments, one beacon is deployed in the environment. A virtual beacon is also set to
indicate the moving direction. The first calibration point is used to map the local coordinate to the
global coordinate, which is necessary for dead-reckoning-based localization. In these experiments,
user carried the phone walking along the route denoted in blue boxes shown in the left plots. The
red dotted curves shows the estimated route by the dead-reckoning algorithm. The right plot shows
the error between the estimated route and the actual route. It is a saw-like shaped curve, which
indicates that the error accumulates over time, and gets recalibrated at the position of beacon.
The experiments illustrate that the localization error is about 3 ∼ 6m with the current setting of
beacons. But the error can be quickly reduced once the beacon is detected.
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Figure 14: Ground test result: polygon routes and estimated routes (left); estimation error (right)
Figure 15: Ground test result: 8-shaped routes and estimated routes (left); estimation error
(right)
25
Figure 16: Ground test environment
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5 Discussion
The current MCSS scheme works well when the phone is hand, no matter in what speed the user
is walking. However, the following remaining problems makes this system not yet practical.
• When the phone is in the pocket, the signal detection fails sometimes, especially when user
is moving at a fast speed.
• The decode-ability of signal depends on the moving speed of user when phone is in pocket.
By experiment, the current scheme supports over 80% of success rate when user is moving
with a speed of at most 1m/s, which is slightly lower than the normal speed of walking.
• The decode-ability of signal in pocket also depends on the material and thickness of cloth.
For pockets made with compact and thick material, which is normally the case in winter,
there is higher risk that the mobile phone fails to detect the beacon.
From a general perspective, the signal design task explored in this work belongs to a broader
research category: signal design for wireless communication. Signals with nice autocorrelation
property are highly valued and widely adopted in areas of signal detection and active sensing.
The chirp signal adopted in this work is one of this kind. In future work, more sophisticated
design of signals can be considered to raise SNR, which is promising in raising the decode-ability
of signal when the phone is in user’s pocket. Furthermore, advanced denoising algorithm can also
be considered to raise the SNR.
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6 Conclusion
In this work, the signaling schemes of a novel indoor localization system is designed and examined.
Two signaling schemes, DTMF and MCSS, have been proposed and examined with experiments.
MCSS is more robust to noise and supports larger effective areas. Therefore, MCSS is decided
to be a better design for our purpose. The MCSS scheme is examined together with the entire
localization system and its effectiveness has been demonstrated.
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